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SYSTEM AND METHOD FOR VARYING LOW AUDIO FREQUENCIES 
INVERSELY WITH AUDIO SIGNAL LEVEL 

L FIELD OF THE INVENTION 

The present invention relates in general to audio speakers and in particular to a 
method and apparatus based upon the characteristics of the Fletcher-Munson curves for 
obtaining automatic compensation and equalization of program content as the input 
signal changes. 

II. BACKGROUND OF THE INVENTION 

The Fletcher-Munson findings are well known in the prior art and generally teach 
that as the signal level of program material is lowered, the responsiveness of the human 
ear decreases. The result is that at low volume levels, the human ear is less able to hear 
bass sounds. Presently, many audio systems utilize a manual loudness control to boost 
low and high-end response at low volume levels in order to compensate for the decreased 
responsiveness of the human ear. Such a manual loudness control circuit is illustrated in 
U.S. Pat. No. 4,490,843. 

Other circuits relate to improving the sound quality in automotive systems by 
implementing a controllable bass contour network coupled to the program source 
material. However, these circuits utilize notch filters for equalizing the frequency 
resonance within a vehicle's interior. These circuits also use a feedback circuit to detect 
and adjust bass levels. Such circuits are shown in U.S. Pat. Nos. 4,809,338 and 
4,759,065. 

Still other circuits provide automatic loudness compensation to bass boost. at 60 
Hz. One such circuit utilizes a 2:1 compressor so that the input signals can be 
compressed such a circuit is shown in U.S. Pat. No. 4,739,514. 

It would be advantageous to have a circuit that automatically compensates for the 
decrease in program material at lower volumes by mimicking the Fletcher Munson curves 
using the r.m.s. (root mean square) value of an audio signal to boost bass within the 40 - 
80 dB range. The circuit would be useful in restaurants, stores or high quality home 
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stereo systems to boost the bass content of an input audio signal as the strength of the 
signal decreases. 

In one embodiment, a circuit with characteristics of first order bass boost would 
automatically boost bass by altering the corner frequency of a circuit filter depending on 
the input signal. A method of providing an automatic loudness compensation circuit 
comprises receiving an input audio signal containing bass content, coupling the input 
audio signal to a voltage detector, coupling an output voltage of the voltage detector to a 
filter circuit, wherein the filter circuit adjusts a corner frequency associated with the filter 
such that the corner frequency is inversely related to the input audio signal to boost the 
bass content of the input audio signal, coupling an output of the filter circuit to a power 
amplifier for amplifying the filter circuit output, and driving an audio speaker with the 
amplified filter circuit output. 

An apparatus according to the invention comprises a terminal for receiving an 
audio input signal, a power supply voltage having sufficient voltage to drive an audio 
output speaker, an R.M.S. detector for providing an R.M.S. voltage from the audio input 
signal, a variable low pass filter circuit for adjusting a corner frequency associated with 
the low pass filter such that the corner frequency is inversely related to the audio input 
signal and supplying an output signal which is increased as the audio input signal 
decreases, a power amplification stage for increasing the power of the output signal from 
the low pass filter circuit, and a terminal for providing an amplified output signal. 

According to another aspect of the invention, there may be a digital signal 
processor (DSP) filter utilized such that in addition to altering the corner frequency, the 
DSP filter could also simulate varying the order of the circuit. By controlling the order of 
the filter circuit, the roll-off associated with the corner frequency could be adjusted to 
allow for a more accurate simulation of the Fletcher-Munson curves. 
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III. SUMMARY OF THE INVENTION 

The present invention relates to an auto loudness circuit for performing loudness 
compensation automatically depending on the signal level. When the signal level 
decreases, loudness compensation is slowly introduced and as the signal level increases, 
loudness compensation is quickly removed. 

In the present invention, an auto loudness circuit utilizes a filter circuit with the 
characteristic of a first order bass boost. The filter circuit maintains a corner frequency 
that is proportional to the inverse of audio level in order to mimic the Fletcher-Munson 
curves. Because the circuit employs a capacitance-multiplier with a first order resistance 
capacitance filter, the bass boost is inversely proportional to the signal level. Thus, bass 
boost is achieved automatically as the program content changes so that the listener is 
unaware of significant changes in program material as signal levels change either through 
increase or decrease in volume, crescendo or new material. 

The circuit of the present invention measures the power of the input signal and 
varies the corner frequency of the filter to be inversely proportional to the input signal. 
The corner frequency, which is also known as the cut-off frequency, is the highest 
frequency in the band pass of a filter. However, filters do not immediately cut-off 
frequencies at the corner frequency due to the limitations of electronic components. 
Instead, a roll-off results which is the reduction of the signal level as the frequency of the 
signal moves away from the corner frequency. Signals above the cut-off frequency, 
which in this application is a very low frequency that is adjusted according to the signal 
power, decrease in amplitude that results in a decreasing effect. 

Thus, in one embodiment of the present invention, the corner frequency is 
proportional to the boost to the signal as it is varied inversely with the signal level. For 
instance, at high signal levels, where bass is easily heard, the corner frequency of the 
circuit is set to a very low frequency. This way, with an extremely low value of the 
corner frequency, no boosting to the bass is applied since none is necessary. But at low 
signal levels, the comer frequency is shifted to a higher frequency level and begins to 
result in a boost the bass content of the input audio signal. As the corner frequency 
increases, the amount of bass boosting continues to increase. In this embodiment the 
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variable cut-off frequency low pass filter is used in a positive feedback arrangement to 
boost through gain at low frequencies. Alternatively the same result could be achieved 
using a high pass filter in a negative feedback arrangement to remove through gain boost 
at higher frequencies. 

5 In another embodiment, a digital signal processing (DSP) circuit may be utilized 

to adjust the order of the filter to more closely match the Fletcher-Munson curves. In this 
embodiment, a DSP based on an adaptive number of filter taps (order) is used. The order 
is determined by the signal level. Moreover, the DSP also controls the corner frequency 
as discussed above. Thus, as the signal level decreases, the order of the filter increases 
10 to allow for sharper roll-off from the corner frequency. The result is a closer simulation 
of the Fletcher-Munson curves. 

In yet another embodiment of the invention, a fuzzy signal processing based 
system may be utilized. In this embodiment, the input information such as power, rate of 
increase/decrease of power is encoded, then processed by an expert system, and then 

Jfj 1 5 decoded to generate outputs such as corner frequency and bass boost. 

to 

□ Thus, it is an object of the present invention to provide a circuit with 

= characteristics of a first order bass boost. 

It is another object of the present invention to control the corner frequency of a 
filter in order to automatically control the loudness compensation of an input audio 
20 signal. 

It is still another object of the present invention to boost the bass content slowly 
when the input audio signal decreases and remove the bass boosting quickly when the 
input audio signal increases such that the bass boost action is not observed by a listener as 
volume level declines and does not damage audio equipment as volume level increases. 
25 Further, it is an object of the present invention to utilize a capacitance-multiplier 

circuit to vary the bass boost inversely with the audio signal. 

Still further, it is an object of the present invention to utilize a variable capacitor 
circuit to vary the bass boost inversely with the audio signal. 

It is still another object of the present invention to utilize a digital signal filter 
30 processing circuit in addition to controlling the filter corner frequency to more accurately 
mimic the Fletcher-Munson curves. 
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Thus, the present invention relates to a method comprising receiving an input 
audio signal, coupling the input audio signal to a filter circuit to recover the audio signal, 
adjusting the comer frequency of the filter circuit as the input audio signal changes, 
utilizing this filter in a feedback configuration thus boosting the bass slowly when the 
input audio signal decreases, removing the bass boosting quickly when the input audio 
signal increases, and driving the audio speaker with the automatic boosting 
compensation. 

The invention also relates to apparatus for obtaining automatic bass boost 
compensation comprising a terminal for receiving an audio input signal, an R.M.S. (root 
mean square) detector, a variable corner frequency filter circuit for modifying the corner 
frequency as audio input signal changes, and a capacitance multiplier controlled by an 
opto-coupled resistor. 

Yet, another embodiment of the automatic bass boost compensation circuit is 
disclosed which utilizes a DSP filter circuit that is particularly useful for more accurate 
simulation of the Fletcher-Munson curves. 

IV. BRIEF DESCRIPTION OF THE DRAWINGS 

These and other features of the present invention will be more fully disclosed 
when taken in conjunction with the following Detailed Description of the Embodiment(s) 
in which like numerals represent like elements and in which: 

FIG. 1 is a frequency domain relative level diagram illustrating the Fletcher- 
Munson curves; 

FIG. 2 is a frequency domain relative level diagram illustrating the Fletcher- 
Munson curves normalized at 1 KHz; 

FIG. 3 is a system block diagram of the present invention. 

FIG. 4 is a simplified circuit diagram of the auto loudness compensation circuit of 
the present invention; 

FIG. 5A is a circuit diagram of the present circuit utilizing a capacitance 
multiplier controlled by an opto coupled resistor; 
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FIG. 5B is a simplified circuit diagram of the present circuit shown with a 
variable capacitor; 

FIG. 6 is a frequency domain relative level diagram simulating the various 
frequency response curves as a result of the circuit of the present invention; 

FIG. 7A is an embodiment of a fuzzy logic method for loudness compensation; 
FIG. 7Bshows a way of encoding the input variable labeled signal power; 
FIG. 7C shows a rule base generated by an expert; 

FIG. 7D shows a way of decoding the fuzzy variables from the rule base to 
determine the output variable labeled cutoff frequency; and 

FIG. 7E shows an exemplary computation performed by the fuzzy system. 

V. DETAILED DESCRIPTION OF THE INVENTION 

FIG. 1 illustrates a set of well-known frequency domain relative level curves first 
developed by Fletcher and Munson in the early 1930's. These frequency domain relative 
level curves (equal loudness contours) relate to the frequency response of a human ear to 
the level of signals being heard. As the signal level decreases, research shows that the 
responsiveness to the signal by the human ear alters, in particular, in relation to this 
invention, responsiveness to bass frequencies decreases. 

Referring to FIG. 2, a set of frequency domain relative level curves illustrates the 
results from the Fletcher-Munson curves after being 'normalized' at 1kHz. Since the 
Fletcher-Munson curves of FIG. 1 are stable at 1 kHz, the curves were normalized at that 
frequency. The curves were normalized in order to determine the desired output 
characteristics for a circuit that performs according to the normalized curves. Thus, the 
filter circuit of the present invention was designed to perform by closely simulating the 
Fletcher-Munson curves normalized at 1kHz. 

FIG. 3 is a system diagram of the present invention. A compact disc (CD) player 
300 or a cassette player 310 may be connected to the system of the present invention as 
sources of musical content. Switch 330 is controlled by an operator to select the source 
of the music. Then a level control 340 may be used to remotely determine the level of 
the audio signal that is then supplied to the circuit. As will be discussed in more detail 
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below, the circuit 350 determines the volume level of the audio signal in order to 
determine whether bass boost of the bass content of the audio signal is required. The 
output of the summer 360 is amplified by amplifier 370 and the output of the amplifier 
370 is then sent to the speaker 380 to implement the bass boosting compensation if 
5 required. 

FIG. 4 is a block diagram of the automatic loudness compensation circuit in one 
embodiment of the present invention, the positive feedback low frequency boosting 
arrangement. An input audio signal, V in 400, is received by the circuit and supplied to an 
r.m.s. detector 410. In this embodiment, the r.m.s. value of the voltage is used because 
10 the r.m.s. value closely indicates the perceived volume level or acoustic power. The 
r.m.s. detector 410 produces an d.c. output voltage, V rms 420, which is a DC voltage 
proportional to the r.m.s. level of the AC input audio signal. V rms 420 is then supplied to 
the variable cut-off frequency low pass filter 430. The low passed signal is attenuated by 
an op amp buffered or passive attenuator 440 and a low passed voltage, V\ p is summed 
2 15 with the input audio signal by summing circuit 450. The signal is then amplified by 

□ amplifier 460 and provided to the output terminal 470 of the circuit of the present 

invention. 

2 Referring to FIGS. 5A and 5B, a schematic diagram for the circuit of one aspect 

of the present invention is shown. In FIG.5A, an AC input signal 500 is received and 
20 then supplied to an r.m.s. detector 510. The r.m.s. detector 510 produces a d.c. output 
O voltage, V rms 520, which is then supplied to a light emitting diode (LED) 565. The degree 

of illumination of the LED 565 controls the resistance of resistor Ro 570, which is part of 
a capacitance multiplier circuit. The capacitance multiplier circuit 530 includes capacitor 
540, operational amplifier 550 and resistors R 575 and Ro 570. In operation, when the 
25 V rms 520 is high, LED 565 is energized and the light is on. Ro 570 is an opto-coupled 
resistor and operates inversely with the LED 565. Thus, when the LED 565 is energized 
or on, the resistance across Ro 570 decreases quickly and when the LED 565 is de- 
energized or off, the resistance across Ro 570 increases slowly. Referring now to FIG. 
5B, the capacitance multiplier circuit 530 is shown as an equivalent variable capacitor, C e 
30 545, wherein: 
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Thus, C e is inversely proportional to R^: 

C oc— 1.2 

Further, since capacitance is inversely related to frequency, the corner frequency, 
f c is inversely proportional to C e : 

/ c oc— 1.3 
C e 

and then it is seen that 

fc^Ro 1.4 

Finally, since the total bass boost at low frequencies (B) is proportional to the 
filter passband the amount of bass boosting is proportional to the corner frequency: 

Bozf c 1.5 

And therefore, 

BccRq 1.6 

Thus, the variable capacitor C e 545 when fed from the signal output 590 via a 
resistor functions as a variable low pass filter 555. In order to control the corner 
frequency,/: of the low pass filter 555, the value of the resistance across Ro 570 (fig. 5A) \ 
is adjusted per equation 1 .4. The result of the above interrelationships of the capacitance 
multiplier circuit components or variable capacitance, C e 545, is to provide an output 
signal 590 in which bass boost increases slowly when the input signal 500 is decreasing. 
Further, the circuit provides an output signal 590 in which bass boost decreases quickly 
when the input signal 500 is increasing. 

FIG. 6 shows a frequency domain gain diagram (or frequency response) of the 
frequency responses which results from the circuit of the present invention. The 
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waveforms of FIG. 6 closely mimic the Fletcher-Munson waveforms of FIG. 2 
normalized about 1kHz. 

In yet another embodiment of the present invention, a digital signal processing 
system modifies the order of the filter in addition to varying the corner frequency of the 
filter circuit. Thus, the waveforms resulting from this embodiment are more closely 
modeled to the Fletcher-Munson curves. 

In yet another embodiment, the present invention considers an arbitrary function 
mapping system between the input and output signal variables. For example, a fuzzy 
system based signal processing scheme may be used to provide a "soft" computing 
mechanism for the associated system parameters such as signal power, corner frequency, 
amount of boost, etc. There exist several journals such as IEEE Trans, on Fuzzy Systems, 
Fuzzy Sets and Systems, etc., and texts such as, "Fuzzy Logic with Engineering 
Applications," by Timothy Ross, McGraw-Hill, 1995, etc., that discusses the 
methodology of fuzzy computing, which is hereby incorporated by reference into this 
application. Figs. 7(a)-(e) illustrate by way of example one method of using fuzzy logic 
computing in accordance with the present invention. 

In Fig, 7(a), exemplary input parameters (input variables) are provided, such as, 
signal power 702, rate of increase of signal power 704, rate of decrease of signal power 
706. Other input variables such as direction of change in input power may be also used 
(not shown). These inputs are "fuzzified" by suitable fuzzy sets as shown in Fig. 7(b). 
These fuzzy sets are also known as membership functions and are expert generated. The 
fuzzification scheme is an encoding scheme so that the next step in the computing 
process, an expert generated rulebase, can use this information. As an example, for the 
input parameter labeled "signal power," the expert may use the three fuzzy sets, low, 
medium and high. That is, when the input signal power is 9 W, the encoder provides two 
nonzero output values. One approximate output is 0.25 for the medium fuzzy set, and the 
other output is approximately 0.8 for the high fuzzy set. These outputs are fed to a rule 
base that contains expert generated rules. For example, Fig. 7(c) illustrates by way of 
example, two rules in the rule base. Only those outputs from the encoder that "activate" 
the antecedent portion of the rules in the rulebase are typically used to compute the 
outputs from the rulebase. The outputs are computed from the appropriate consequent of 
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the rulebase and provided as input to the decoder also known as the defuzzifier. The 
decoder performs an inverse mapping from the fuzzy variables to crisp variables. Fig. 
7(d) illustrates by way of an example the decoder for the output labeled cutoff frequency. 
In a typical computing environment, an input signal power of 8.43W, and rate of decrease 
of power (4.46, an arbitrary exemplary scale) is provided to the system, as shown in Fig. 
8(e). The computed output values for the signal boost and cutoff frequency are 0.792 and 
572 Hz. Several variations of the system can be incorporated (e.g., adaptive encoding and 
decoding elements, etc.) for finer results. 

It will be appreciated that the term "present invention" as used herein should not 
be construed to mean that only a single invention having a single essential element or 
group of elements is presented. Rather, each novel and nonobvious element constitutes a 
separate invention. Further, each novel and nonobvious combination of elements enabled 
by the present disclosure, whether the individual elements therein be old elements, new 
elements, or any combination thereof, further constitutes an additional separate invention. 

Although the present invention has thus been described in detail with regard to the 
preferred embodiments and drawings thereof, it should be apparent to those skilled in the 
art that various adaptations and modifications of the present invention may be 
accomplished without departing from the spirit and the scope of the invention. 
Accordingly, it is to be understood that the detailed description and the accompanying 
drawings as set forth hereinabove are not intended to limit the breadth of the present 
invention, which should be inferred only from the following claims and their 
appropriately construed legal equivalents. In the following claims, those claims which 
contain the words "means for" are intended to be interpreted in accordance with 35 
U.S.C. § 1 12, paragraph 6; those claims which do not include the words "means for" are 
intended to not be interpreted in accordance with 35 U.S.C. § 112, paragraph 6. The 
corresponding structures, materials, acts, and equivalents of all means or step plus 
function elements in the claims below are intended to include any structure, material, or 
act for performing the function in combination with other claimed elements as 
specifically claimed. 
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